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ABSTRACT 
Traditionally, portable wireless personal communication systems, such as mobile 
phone, pager etc, are implemented in mixed IC technologies including silicon bipolar, 
MESFET, CMOS etc. Different technologies are responsible for different part in the RF 
transceiver. Usually, the front-end IC of the mobile phone is implemented using GaAs or 
silicon bipolar technologies while the base-band signal processing part is implemented by 
CMOS technologies. However, as the industry migrating to submicron technology, the 
II 
front-end of the mobile phone can be implemented by low cost, low power CMOS 
technology, which catalyses the implementation of single chip receiver. 
In this project, a new receiver architecture, which is called double-IF receiver, is 
introduced. This architecture reduces the complexity of integrated receiver design, which � 
makes it more suitable for the implementation of a single chip receiver. 
To demonstrate the possibility of the implementation of a single chip receiver, three 
front-end building blocks, low noise amplifier (LNA)，down-conversion mixer and phase 
shifter，are built using a 0.6|LI CMOS technology. The LNA achieves lOdB gain. However, 
due to the inconsistency of the model of the spiral inductor and package, there is a 
frequency shift of away from the designed center frequency. The down-conversion mixer 
achieves 2dB conversion gain with 1-dB compression point and IIP3 equal to -7dB and 
4.3dB respectively. The spurious free dynamic range (SFDR) and the blocking dynamic 
range (BDR) are equal to 49.5dB and 63dB respectively. The phase shifter achieves 90±5 
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1. System Architecture 
1.1 Introduction 
Nowadays, wireless communication becomes a very hot topic in the engineering 
research. Many people in Hong Kong have their own mobile phones. They can talk with 
their friends, purchase goods, check the balance, transfer money etc, anywhere at anytime. 
The first few generations of the mobile phones are very bulky, short battery life time and 
very expensive. This is the reason why mobile phones were not very popular in the past. As 
the technology becomes more and more sophisticated, mobile phones become smaller and 
smaller with lighter weight and longer battery life. This technology improvement motivates 
the wide applications of the mobile phones. 
Motivated by the growing needs for long life, low-cost and low weight mobile 
phones, engineers have paid much effort on reducing the size, weight and power 
consumption of the mobile communication system. With this performance improvement, 
businessmen can do their business and communicate with other companies anywhere with 
just using a notebook computer and a mobile phone. 
Nowadays, single chip transceiver becomes a very hot topic in the wireless 
communication world. Engineers have paid a lot of effects on reducing the size, weight and 
power consumption of wireless transceiver. With the greatly improvement on CMOS 
technology for high frequency circuit [1]，single chip transceiver becomes a reality with 
modem submicon CMOS technology. Many highly integrated receiver architectures, such 
as direct conversion architecture, which is suitable for single chip transceiver is 
implemented with good performance. 
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The most common direct conversion architectures are the zero-IF and low-IF. 
However, both of these architectures are difficult to implement. The zero-IF architecture 
has the dc offset and self-mixing problem, which are very difficult to eliminate. The low-IF 
architecture requires a complex polyphase filter for image rejection. This work describes a 
new double-IF receiver architecture, which is based on the Weaver image-reject topology 
[2]. The new architecture totally eliminates all the problems associated with the zero-IF and 
low-IF architecture. 
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1.2 Receiver Architectures 
1.2.1 Superheterodyne Receiver 
The superheterodyne receiver was invented by Armstrong in early 1918 [3]. Fig. 1 
shows the basic operation of the superheterodyne receiver [4], the RF signals coming from 
the antenna are filtered by a high Q band select filter and amplified by a low noise 
amplifier with acceptable power gain and noise figure. After passing though the image 
rejection filter and amplifier, the RF signals are down-converted to the first intermediate 
frequency/； by mixing with a local oscillator. The down-converted signal is further filtered 
and down-converted to the baseband for demodulation. Owing to the different information 
carried by the two sidebands of the signal, the second down-conversion process requires 
both in-phase and quadrature-phase components of the signal. 
The superheterodyne receiver has the advantage of high sensitivity and selectively. 
However, although a superheterodyne receiver has superior performance over other 
receivers, it is suffered from several drawbacks. First of all, the image signals and the 
wanted signals are situated at the same intermediate frequency, the low noise amplifier 
must be capable of separating these two high frequency signals. As a result, a very high Q 
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low noise amplifier (LNA) is needed, this type of LNA is very difficult to build on a chip. 
Usually, an off-chip, bulky and high power consuming surface-acoustic-wave (SAW) filter 
is used to solve this problem. 
Another drawback of the superheterodyne receiver is that the first intermediate 
frequency is relatively high to avoid the image signal locating at the passband of the pre-
selection of the low noise amplifier. As a result, an LC-timed circuits or SAW filters are 
usually inserted between the IF stages which is also too bulky to be implemented on chip. 
It 
八 . Band Image Channel Channel 
Antenna Select Rejection Select Select IF 
Y Filter LNA Filter MIXER Filter MIXER Filter Amplifier 
«• BPF, > BPF, — B P F 3 — • BPF, 
®L01 ®L02 
Fig. 1 Schematic representation of the superheterodyne receiver 
1.2.2 Homodyne Receiver 
The basic operation of a homodyne receiver [5], also known as direct-conversion 
receiver, is very similar to the superheterodyne receiver except that the RF signal is directly 
down-converted to the baseband. A typical homodyne receiver is shown in Fig. 2. The 
local oscillator frequency is the same as the input carrier frequency, there is no needed for 
an IF stage, thus, the bulky SAW filter between the two intermediate frequencies can be 
eliminated. 
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Fig. 2 Schematic diagram of a homodvne receiver 
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This homodyne receiver makes use of a multi-path topology. The RF signals are 
directly down-converted to the baseband by two different paths which provide quadrature 
outputs with 90 degree phase differences. This down-conversion process is suitable for 
receivers receiving frequency shift keying (FSK) signals. This is because the positive and 
negative sides of the RF signals carry different information and can be extracted out at the 
baseband if there are separated into quadrature. As no image signals situate at the 
baseband, it is not necessary to eliminate the image signals immediately before the low 
noise amplifier and thus no bulky pre-selection SAW is needed. Therefore, the direct-
conversion receiver can be implemented with a much higher degree of integration than the 
conventional superheterodyne receiver. 
Although the direct-conversion receiver eliminates most of the problems associated 
with a superheterodyne receiver mentioned above, however, it still suffers from several 
drawbacks [6]. Due to the baseband configuration, the direct-conversion receiver is highly 
sensitive to parasitic baseband signals such as DC offset voltages and self mixing products 
caused by crosstalk between the RF and the LO signals. 
This phenomenon arises from capacitive and substrate coupling of the LO signal 
with the input signal of the LNA. As the local oscillator frequency is the same as the carrier 
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frequency, the coupled LO signals will be amplified and down-converted by the mixer and 
producing a DC components at the baseband. The DC component will be further amplified 
by the preceding amplifier stages to a circumstance that it will saturate the low pass filter. 
Besides the LO leakage problem, the coupled LO signals may be radiated out 
through the antenna. After some multi-path reflections, the frequency shifted LO signals 
will become the inband interferer to other channel. 
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1.2.3 Image-Reject Receiver 
An image-reject receivers was invented by Harley in 1928 [7]. The schematic 
representation of the image-reject receiver is illustrated in Fig. 3. In the image-reject 
receiver, the RF input signals coming from the antenna are first down-converted in 
quadurature to an intermediate frequency. After passing through a low pass filter, the 
quadurature phase down-converted signal will be further shifted by 90 degree by a phase 
shifter so that the wanted signals will be in phase and the mirror signals will be exactly out 
of phase. Adding up the two channels together will eliminate the mirror signals. 
— • ( ^ ) — — • LPF • 9 0 。 — 
Antenna 
Y LNA >coscot J L 
^ s i n c o t S ^ ^ 0 ; 
Fig. 3 Schematic of image-reiect receiver 
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Owing to the non-zero intermediate frequency, the LO leakage problem can be 
totally eliminated. The principal drawback of the image-reject receivers is that it is very 
sensitive to the gain and phase mismatch. The phase difference and the gain mismatch 
between the quaduature outputs of the local oscillator will introduce some crosstalk 
between the wanted and the mirror signals and the performance of the image rejection will 
be degraded. 
Moreover, the 90 degree phase shifter, usually makes up of a simple RC-CR 
network shown in fig. 4，can only produce a 90 degree phase shift in a narrow frequency 
range. As a result, this receiver is not suitable for broadband receiver such as CDMA 
receiver. 
C 
I I Vout1 -
Vin 
W " Vout2 
R 
==C 
Fig. 4 Schematic diagram of a shift-bv-90 network 
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1.2.4 Low intermediate frequency Receiver 
Low intermediate frequency receiver [8] is a newly developed receiver architecture. 
It can be thought as a combination of the superheterodyne receiver and the direct-
conversion receiver. Fig. 5 shows the basic operation of the low intermediate frequency 
receiver. The RF signals coming from the antenna are amplified and down-converted to an 
intermediate frequency of a few hundred kHz using multipath topology. The down-
converted signal will be further amplified and filtered by an active sequence asymmetric 
It 
polyphase filter [9]. The active sequence asymmetric polyphase filter has the characteristic 
that it has a passband for either only positive or negative frequencies. As a result, the 
mirror signals can be suppressed for further down-converted to the baseband for 
demodulation. 
— K ^ ) — — ^ I channel 
Antenna f 
Y LNA L ^ >coscot coscot -Polyphase 
. + filter 
sincot sincot ~ ^ 
— K ^ ) — — ^ Q channel 
Fig. 5 Schematic diagram of a low intermediate frequency receiver 
Owing to the low intermediate frequency receiver uses an intermediate frequency of 
a few hundred kHz and is therefore not sensitive to parasitic baseband signals like dc offset 
voltages and self-mixing products. However, like other image reject receiver using 
multipath topology, the low intermediate frequency receivers are more sensitive to good 
mirror signal suppression. Unlike the direct-conversion receiver, the mirror signal is not the 
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same as the wanted signal and it will be even larger than the wanted signal. As a result, an 
incomplete mirror signal cancellation may cause corruption. 
Another drawback of the low intermediate frequency receiver is that a higher order 
polyphase filter is needed which will increase the complexity and power consuming of the 
whole system. 
1.3 Double Intermediate Frequency Receivers 
It 
1.3.1 Introduction 
We have developed a new type of receivers architecture, which will eliminate all 
the problems associated with direct conversion and low IF conversion. The new receiver 
architecture uses two IF frequencies, thus, it is called a Double Intermediate Frequency 
Receiver. The mirror signal suppression method of a double intermediate frequency 
receiver is based on the image rejection method used in the Weaver image-reject topology. 
The operation of this double-IF receiver is very similar to the Low-IF receiver except that 
the image rejection is done at a second intermediate frequency, with the advance that only a 
simple low order high pass filter is needed. 
1.3.2 Background Theory 
The basic operation of a double-IF receiver is shown in figure 6. The RF signals 
coming from the antenna are amplified by the low noise amplifier with acceptable power 
gain and noise figure. The amplified signals are mixed down to the first intermediate 
frequency// by a multipath topology [10]. A low order high pass filter is used to filter out 
the low frequency components of the I and the Q channels. 
8 
K K ) " " " 丨 Channel 
Antenna A C E 
Y LNA O U T > sin col sin (o2 X sin co2 
cos C0I COS co2 、 ； c o s (02 
B JI D J L F 1 I — — Q Channel 
Fig. 6 Schematic diagram of a double intermediate freauencv receiver 
With a further down-conversion to the second intermediate frequency y}, which is 
half of the first intermediate frequency /；, the wanted signals will be in phase and the 
mirror signals will be out of phase. Summing of these two channels will thus eliminate the 
mirror signals and reinforced the wanted signals. These reinforced signals can be further 
down-converted to baseband for demodulation or converted to digital signals immediately 
provided that the second intermediate frequency is low enough for the A/D converter. 
Fig. 7 illustrates the basic operation of the mirror signal suppression using double-
IF topology. From Fig. 7a，the RF signals, e.g. 900MHz nlA QPSK, are first down-
converted to a first intermediate frequency /；, e.g. lOMHz, by two path with 90 degree 
phase difference. A second order high pass filter with the cut-off frequency at lOMHz is 
used to filter out the low frequency signals in fig. 7b. We can achieve 80dB signal 
suppression at the stopband from -lOOkHz to lOOkHz with a simple second order high-pass 
filter. After the filter, a notch with 200kHz bandwidth is formed, which is equal to the 
channel bandwidth of a GSM system. This is one of the main advantages of this 
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architecture, the simple second order high-pass filter can be easily integrated on the chip 
and there is no need for any complicated poly-phase filter. 
The filtered signals are then further down-converted to the second intermediate 
frequency 力 by the same multi-path method. Therefore, an additional 90-degree phase shift 
will be added in the Q-channel path. The second intermediate frequency is chosen as half 
of the first intermediate frequency, i.e. 5MHz, such that the wanted and the mirror signals 
will be situated at the 200kHz notch. The operation takes the advantage that no additional 
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unwanted signals will be added to the wanted signals. 
Fig. 8a shows the I and Q channels after the second IF conversion, which illiterates 
the wanted signals are in phase and the mirror signals are exactly out of phase. We can 
eliminate the mirror signals and reinforce the desired signals by adding the I and Q signals 
as shown in Fig. 8b. The unwanted signals located at +15MHz and -15MHz can be filtered 
out by the low pass filter. 
The wanted signals can be digitized either at the second intennediate"'frequency or 
after further down conversion to the baseband (Fig. 9). As the mirror signals have been 
eliminated at the second intermediate frequency, only a 10-12 bits A/D converter is 
required for high-quality applications. By adjusting the first LO, the desired channel can be 
down-converted to the 200kHz notch without extra-unwanted signals. This undistorted 
channel can be selected and demodulated by a low pass filter. 
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Mirror a a Mirror 
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^ ^ Wanted Wanted ^ 
signal signal _ _ L L ^ ^ “ 
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I - channel Q - channel 
-10 MHz ^ „ . X 
0 k 10 MHz r \ 
4 ¥ \ / < P \ 10 MHz 
200 kHz \ ^ / 200 kHz \ 
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(b) ‘ 
Fig. 7 The mirror suppression process using double-IF topology, (a) original signal, (b) first 
downconversion process 
I - channel Q-channel 
� M r1 r1 h 丨 < 
-5 MHz -5 MHz 
K ^ M f 4 + ^ ~ b L f 
-15 MHz -5 MHz 0 5 MHz 15 MHz \ J 0 





I Wanted Wanted f 
signal signal -^J 4 ^ 
-15 MHz -5 MHz 0 5 MHz 15 MHz 
(b) 
Fig. 8 Mirror signals cancellation method using double-IF topology (a) I and O channels 
formed after the second IF conversion (b) elimination of mirror si gnals and reinforcement 
of desired signals 
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HPF • ( ^ ) — — ~ • I Channel 
Antenna f f Y LNA ^ 
> cos col COS 0)2 cos ©2 • h A I D -> 
s i n ( 0 1 s i n 0 ) 2 sinco2 
HPF • “ Q channel 
Fig. 9 Further down-conversion method used in double-IF receiver in digital domain 
Mathematically, the double-IF receiver can also be described numerically. In Fig. 6， 
suppose the RF signal coming from the antenna is amplified and split into two signals 
feeding into two mixers. The amplified signals at point A and point B are equal to 
= Af cos + A.^ cos CO J (1) 
^5(0 = ARF COS (ORFt + Am COS CO J (2) 
where Aj^p cos cOj^pt represents the RF wanted signal 
為m cos CO-J represents the image signal 
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The amplified signals are down-converted to the first intermediate frequency by 
two mixers with the first local oscillator signals equal to 
^loi(0 = AOI sinco^oi^ (3) 
^102(0 = Aoi cos^y^oi^  (4) 
After down-conversion and high pass filtering, the waveforms at point E and point 
F are equal to 
It 
= ( A F C0S6；狀/ + A.^ COS CO.JXAoi ( 5 ) 
ff 
=^kfAoi sin cos CO + A�入、cos co^oi^ sin co^o^t 
= (Af C0S6)耿/ + A如 coso)JXa^oi cos^y仍丨0 (6) 
=AfAoi cos 6)cos 0) Aoi ^OSCO^oMin, ^OSCOJ 
In order to eliminate the image signal, an extra 90-degree phase shift is added to the 
quadrature output using a pair of mixer with the second local oscillator signal equal to 
^ L O 2 ( 0 = A O 2 ( 7 ) 
X W 2 ⑴ = A O 2 COS ⑵ ( 8 ) 
By further down-converted to second intermediate frequency, the waveforms at the 
point E and point F are equal to 
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Z五⑴= 肌 - � - ⑴ 似 > > 肌 sin約⑴0 (9) 
乂乂 A A 
二 、 ， 4 c o s ( � - k o . - � J > - 々 今 〜 O S ( � - c o , J ) t (10) 
秘 = � ^ ^ ^ c o s “ � i - 〜 小 � 2 c o s � 
= � C 0 S “ � 1 一历狀>(Ao2 C0S6；切+ -份 L 0 I > ( 4 0 2 COSCO.^.t) 
It 
= 4 � A � � s ( � - f e o 丨 ( 〜 - ⑴ 』 
From the above result, it can be realized that after second down-conversion process, 
the frequency component of the desired signal is in phase and the mirror signal is exactly 
out of phase. As a result, by adding the two signals X^ftJ and Xcft) together, the mirror 
signal will be totally eliminated and the wanted signal will be reinforced. The final output 
signal after second down-conversion is equal to -
Z 卯 , � = ‘ 1 “ 厂 c o s ( � 一 ( � - � R F )> ⑴） 
The analysis result obtained above shows that the image signal can be perfectly 
cancelled under the condition that the amplitudes and phases of the two local oscillator 
signals are perfectly matched. However, in real situation, perfectly matched does not exist 
and thus some amplitude and phase errors will be introduced between the two local 
oscillator signals. Owing to the mirror signal cancellation method depends on two 
quadrature down-conversion process, the amplitude and phase errors will degrade the 
mirror signal cancellation performance or even corrupt the whole desired signal. 
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To determine the degradation caused by the mismatch, we can reanalysis the down-
conversion process by introducing some amplitude and phase errors into the local oscillator 
signals. 
Now suppose the RF signal coming from the antenna is amplified and split into two 
signals feeding into two mixers without distortion. The amplified signals at point A and 
point B are equal to 
Xa (0 = AF + An, COSCi).J (12) 
l» 
^B(0 = AF coscoj^^t + A.^ COSCO.J (13) 
where J及尸 cos cOj^pt represents the RF wanted signal 
Aim COS •讲 f represents the image signal 
The amplified signals are down-converted to the first intermediate frequency by 
two mixers with some phase and amplitude errors introduced at the first local oscillator. 
The two LO signals becomes 
Zlo丨⑴= 现 f (14) 
X w i ( 0 = [^Lox + + (15) 
where Si and (9； represent the amplitude and phase error introduced in the local oscillator 
signal Z丄 
After down-conversion and high pass filtering, the waveforms at point E and point 
F are equal to 
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X,(0 = iA,,cosco coso)JXAoi sin^ iW) (16) 
=^rfAoi + 4.人! c o s t y肌 / s i n � � 
二式厂(Aoi 
Loi + )c�和切/ + 没 1 )4>N cos^ y,.爪/ 
= ( 4 � I + 2 么 c o s ( ( � - � ) , + � + ( A � I + 2 成 — “ m - � > + � 
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Due to the mismatch of the two local oscillators, there are some amplitude and 
phase differences introduced between the two down-conversion paths. Moreover, suppose 
the two local oscillator signals used in the second down-conversion also introduce some 
degree of phase and amplitude errors 
^lo3(0 = Ao2 s i n ( 1 8 ) 
(0 = (Ao2 + + e^) (19) 
By further down-converted to second intermediate frequency, the waveforms at the 
point E and point F are equal to 
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似) = � i ^ s i n ( 〜 「 約 , “ 厂 — 』 （20) 
= 4 � 4 c o s ( � 2 - k o , - 历 J > - 知 丨 ’ 〜 � S ( � - 份 』 
从 ) = 卜 + 产 c o s ( ( � 1 一 ~ > +幻 + (知 1 +产。 0 如 , -历》 � ) � 
V Z ^ J (21) 
((Ao2 +4�S(〜叫)） 
= “ " + 严 COS((〜1 -約厂> + 狐 2 + 4 o s ( 〜 + ⑴）“ 
= ( ‘ +义。 2 + � � 3 ( ( � - k � l -co加 1 +�2) 
+ ( ‘ + 巧 ( ( 〜 - C O l 加 1 + ⑴ 
After adding the two signals XfftJ and XcftJ together, the output signal contains 
both desired signal and a fraction of the down-converted image 
y “�_ (Aoi +^ IXAo2 / Vi /I � (22) 
Xsig (0 C0S((6)�2 - (^LO, - 肪)> + (9丨 + (92) � ) 
A A A 
+ ( 〜 - ( 〜 - 份 
二 ( ‘ + • : + � � � S ( ( � - � + 代 + � （23) 
Aoi ^LOl Am 妨 J , � ( �� 
4 cos(份丄02 - K 一历切i)> 
The above analysis result shows that the image signal cannot be cancelled with the 
present of the amplitude and phase errors of the two local oscillators. In order to understand 
the degradation effects caused by the errors, it is necessary to calculate the image rejection 
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ratio (IRR) of the output. The image rejection ratio is equal to image-to-signal ratio at the 
output divided by the image-to-signal ratio at the input. From equation (23)，the image 
signal at the output is equal to 
X丨.it) = “ � 1 + 今 + 么 c o s ( ( � — — � ) > + & � （24) 
Let (ploi -if^im -^LOI�=�sig , (<^1 +<^2) = 0sig and expanding the above equation, 
二 [ 歸 产 I c o s � ― J (25) 
-"^L�人广 An cos�t 
=< - A 今 外 O S 〜 / 
The average power of the image signal is equal to P.^  = VReVlm^ ^ = Re^ + Im^ 
\ / ， 
therefore 
^ _ (AqI + XAo2 + )Am cos^t "^WlAoiAm (26) 
I (^LOl + X^L02 + )Am > 
二 ( A o i + g! )2 (Ao2 + )2 2 (知丨 + K o i ' COS《运 
一 16 16 “ 
W 2 J 2 . 2 I 八LOl 八L01 -^im 
16 
18 
Applying the same analysis to the desired signal described in equation (24), the 
desired signal at the output is equal to 
& � = ( 4 � 1 + � 2 + � ‘ — ( � - -�RF )> +�+ � (27) 
+ 知 々 ‘ C O S ( 〜 2 - ( 〜 - ⑴ 
Let 一 (^Loi 一 ^RF)) = ，(没1 + 没2) = s^ig and expanding the above equation, 
！ 细 ( 0 = ( ‘ + 々 2 + ⑶ 职 [ c o s 〜 _ ‘ - C O S 〜 — J ( 2 8 ) 
+ "^^OlAoi^RF ^ 
4 
= < ( A o i + g i X 4 o 2 + g 2 ) 々 F c o s 没 _ AoAoA j^ os^ y 
4 sig 4 s/g 
The average power of the desired signal is equal to P.^  - (VReVlm^ = ReVlm^, 
therefore 
p _ [(AoI + XAO2 + , Aoi 1 
^ s i g = i - COSfe^枪 + 
� -
. + 右 1 XAO2 + "2 • n 1 
+ j 4 suWsig ‘ 
: A r / (AOI + g! )2 {AO2 + g2 )2 , ^(AOI + 008(9,,^  
一 16 16 
J 2 J 2.2 I ^LOl ^ L02 ARF 
From the above result, the image-to-signal ratio at the output is equal to 
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Pim Am 
P细 A/ (Aa ^^iViaAoi 细 +AaAa2' 
The image reject ratio of the receiver thus equal to 
Pim/ (31) 
IIR = Z 产 
2 
一 (Aoi +^J{Ao2 +g2)2 -2(Aoi+glXAo2 +^2)AoiAo2 ^^^ ^  si, + Ao'Aoi' 
( A o i + W ^ S 〜 • + ^ ^ ⑶ ' 乂 乙 ⑴ 2 
/ N 2 / \ 2 / V 
1 + - ^ 1 + i -2 1 + - ^ + ^ + 明 c o s ^ . +1 
J 4 A A A A luai/袖 
_ V 八L0\ J V ^L02 y V 八LOl 八L0\〜02 J 
一 7 V ？ ‘ \ ‘ 
l + i l + i 1 + i + 明 - c o s ^ . +1 
A A A A A A 
V 八L0\ J \ 八LOl J \ 八L02 ^L0\^L02 f \ 2 / \ / \ / N2 
+2 1+ 納 + i + 
^ Aoi ) V Aoi � 0 2 人 J V AoiAO2 > 
/ \ 
- 2 l + - A _ + _i2_ + _ A £ L _ cos 没沧+1 A A A A ” 
_ \ -^LOX 八LOl ^Lcn 八L02 J 
f \ 2 / \ / 、2 
� h 人02 J V^ iOl A AOIAO2 J V 
+ 2� 1 + i + + 响 Icos .^ +1 J J /I /I g V ^LOl 八L02 ^LOl'^LOl / By expanding and grouping the terms, 
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/ S ^ f s e V (34) 
4 A A 
_ V 八wi y V 八Lcn ^ L 0 2 / 
( \ / \ 2 4 1 + ^  + i + i � ^L02 J V �02 y 
/ \ 2 
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4 SIg I 2 
From the above equation, in order to achieve a range of 30 to 40 dB image 
suppression, the total phase mismatch should be within 1 to 5 degree and the total gain 
mismatch should be within 0.2 to 0.6(iB. 
The major advantage of the double intermediate frequency receiver is that only a 
low order high pass filter is necessary and no high order poly-phase filter is needed. The 
aim of the high pass filter is to provide a notch with the bandwidth larger than the 
bandwidth of the desired signals so that after the second down-conversion, the desired 
signals will be situated at the image-free notch. 
Another advantage is that as the mirror signals had been eliminated at the second 
intermediate frequency, the signal can be demodulated at the second intermediate 
frequency by digital signal processing using a A/D converter with fewer bits resolution. 
However, similar to the image-rejected receiver, the mirror suppression in the 
double intermediate frequency receiver is very sensitive to the gain and phase mismatch. 
As a result, high quality mixers and quadrature generators are necessary for achieving an 
acceptable performance. 
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2, Receiver Fundamentals 
2.1 Noise model 
Noise is a very important bench-mark in the analysis of receiver performance. 
Noise can take on several forms but usually, in the RF world, mainly electrical noise, 
especially thermal noise, would be considered. Electrical noise arises as a result of random 
fluctuations in current flow. In designing circuits for the receiver, two noise sources will be 
considered, the thermal noise of the resistors and the channel noise of the transistors [11]. 
I t 
2.1.1 Thermal noise of resistors 
In 1928，Johnson and Nyquist showed that all resistors in thermal equilibrium 
produce an available noise power that is proportional to the absolute temperature and the 
measured bandwidth. The available noise power is given by 
Pa = kT�B (35) 
where k is Boltzmann's constant, Ta is the temperature and B is the noise bandwidth. 
Besides expressing in available noise power, the thermal noise of resistors can also 
be expressed in terms of equivalent noise voltage in series with the resistor having mean-
squared amplitude of 
~^=4kTBR (p 
or equivalent noise current in parallel with the resistor having a mean-squared amplitude of 
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J^=4kTB/R _ R 
2.1.2 Channel noise of transistors 
Besides the thermal noise of the resistors, the channel noise induced by the MOS 
transistors will also degrade the performance of the receiver. Fig. 10 shows a full small-
signal noise model of an MOS transistor, 
I * 
Gat^^^jy^^ e-jn 
T y T 
Source 
Fig. 10 A full small-signal noise model of a MOS transistor 
The full small-signal noise model contains four channel noise sources, i j 
represents the drain noise current source and is modeled as a shunt current source in the 
output circuit with the power spectral density equal to 
]J .’ （36) 
where gdo is the zero-bias drain conductance of the device and 厂 is a bias-dependent factor. 
vlg represents the noise generated by the distributed gate resistance and its power 
spectral density equal to 
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；7" (37) 立=4kTR A/ g 
where Rg is the distributed gate resistance given by 
^ (38) 
where Rgq is the sheet resistance of the polysilicon,妒 is the total gate width of the device, L 
is the gate length, and n is the number of gate fingers used to lay out the device. 
The current sources / � ^ and „ represent the gate noise of the transistor, ^ is 
I * 
the gate noise source which has correlation with the drain noise with the power spectral 
density equal to 
厂 2 (39) 
1 = 4 喻 』 2 
, � 
where 6 is the coefficient of the gate noise and c is the correlation coefficient 2 T7 (40) 
5 � � M 
„ is the gate noise source which has no correlation with the drain noise and has a 
power spectral density equal to 
厂 / 2、 （41) 
安 = 4 柳 ; ； As a result, the total gate noise power spectral density is given as 
^ 、 (42) 25 
2.2 Noise Figure 
The performance of the front-end receiver can be characterized in terms of the noise 
factor or noise figure, which is the noise factor expressed in decibels. The noise factor of a 
system is equal to 
F — Total output noise (43) 
Total output noise due to the source 
or it can be expressed in terms of signal to noise ratio: 
S y (44) 
^ ^ ^ SNR, .. 
脈 out 
where Si and S�represent the input and output signal powers 
Ni and N�represent the input and output noise powers 
SNRin and SNRout represent the signal to noise ratio of the input and output � 
2.3 Linearity . 
In RF circuits, linearity is a useful parameter to measure the dynamic range. The RF 
signal coming from the antenna always contains the desired signal and interference with 
large amplitude. This strong interference signal may drive the receiver into non-linear 
region and produce intermodulation signals, which set the maximum allowable signal level 
of the input. 
In order to determine the non-linearity effect of a system, considering a memoryless 
time-variant system: 
y(t) = a,x{t) + a^x" {t) + a^x^ (0 (45) 
Assume that the RF signal is a pure sinusoid signal 
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= A cos cot (46) 
Substituting x(t) into equation (45), 
y(t) = ajA cos + «2^^ cos^ (Ot + a^A^ cos� cot (47) 
= ayA cos cot + (1 + cos 2(ot) + (3 cos cot + cos ) 
a.A^ f ^ a.A^) a.A^ ^ a.A^ 一 =—+ ajA + —cos(5；^+ —cos2a)t + —~cosScDt 2 1 4 J 2 4 
From the above equation, it can be realized that after pass through the system, some 
higher order harmonics are introduced and their amplitudes are proportional to A". lna. 
ff 
fully differential system, owing to the odd symmetry characteristic, the even order 
harmonics will be cancelled out. As the coefficient J " will become very small if the n is 
larger than 3，terms higher than the third power are often neglected in hand calculations. 
% 
In an RF system, two parameters are usually used to measure the linearity behavior, 
the 1-dB Compression point and the third-order intercept point (IP3). 
2.3.1 1-dB Compression point 
Equation (47) shows that with the non-linearity distortion, the amplitude of 
fundamental component contains two coefficients oti and 013’ which have opposite sign. As 
a result, as the input power increases, the gain of the fundamental component will be 
reduced. The 1-dB compression point is defined as the input level at which the small-signal 
gain is reduced by IdB. 
By considering the fundamental component shown in equation (47)， 
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< 3 、 （48) 20 log a, - 1 J 5 = 20 log a, + - ^ 3 ^ V 4 J 
^-UB =,0.145^ 




— 乙 ^ • 
20log〜（AidB) Input 
% Fig. 11 Graphical representation of the IdB compression point 
2.3.2 Third Intercept point {IP3) 
When two very close interference signals are passed through a non-linear system, a 
third-order intermodulation product will be created which can be measured by a parameter 
called "third intercept point (IPs)”. The IP3 can be measured by a two-tone test, which is 
shown in Fig. 12. “ 
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Fig. 12 Setup of the two-tone test 
Two sinusoid pure tones with the same amplitudes will be injected into the system. 
By substituting the two tone signals x(t) = A^ cosco^t + A^ cosco^t into equation (45)， 
； = cos co^ t + A^  cos co t^) + «2 cos co^ t + A^  cos co^tf (49) 
+ «3 (^j cos^y,?+ cost^jO^ 
By expending and grouping the equation, 
r 9 、 / 9 \ 、 
Aj cosco^^+ a^ + A^ cosco^t V 4 y V 4 J 
3 3 + cos(2(yj -0)2) + —a^A^ cos(2ty2 
4 4 •“ 
9 a A^ 
Assume a^ » ~ t h e input third-order intercept pint IIP3 can be found by equating 
the coefficients of the fundamental component and that of the third-order intermodulation 
component, 
, 3 .. (51) 
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Fig. 13 Graphical representation of/ZP^" 
2.3.3 Dynamic Range (DR) 
Usually, an RF receiver has to receive RF signals with various strengths. Dynamic 
range, a measurement parameter, of a receiver is defined as the ability to accommodate 
both large and small signals. General speaking, the dynamic range can be defined as two 
categories, spurious-free dynamic range (SFDR) and blocking dynamic range (BDR). 
2.3.3.1 Spurious-Free Dynamic Range (SFDR) 
The SFDR is defined as the signal-to-noise ratio corresponding to the input 
amplitude at which the third-order intermodulation distortion products rise to the noise 
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Fig. 14 Upper bound ofSFDR 
In order to have a clear understanding of the SFDR, Tlie SFDR can be expressed 
graphically. 
0 _ 《 1-dB 
compression j / 
point A 
\ / / i 
slope: 1 / I 
/ I slope=3 / / I . 
7 T llPgj I — t 
SFDR / BDR 1 
， / ” I noise 
— — - -----……-7- 义---floor 
T^oi (input-referred / A^ ^ 
noise power) 丨 
Fig. 15 Graphical representation of the definition of the SFDR 
Fig. 15 shows the definition of the SFDR graphically. From Fig. 15 it can be 
realized that the SFDR can be expressed in terms of IIP3 and the input-referred noise 
power. As the fundamental component has a slope of 1 on a dB scale, AY is equal to 
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IIP3 — Noi (Noi has a negative value). Since the third-order intermodulation products have a 
slope of 3 on a dB scale, is equal to 
幼 _ m - N � i (52) 
‘ 3 
Therefore, the SFDR is equal to 
SFDR = {IIP,-AP^-N^. (53) 
ff 
2.3.3.2 Blocking Dynamic Range (BDR) 
Fig. 15 shows the definition of the BDR graphically. BDR is a measure of resilience 
to a large out-of-band blocking signal which, by driving the receiver into compression, de-
sensitizes it to a small desired signal. BDR can be measured in terms of 1-dB compression 
point and the noise floor which is equal to 
BDR = P_\dB-Pnf (54) 
Where P.ids is the input power of 1-dB compression point 
i > 
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3, Spiral Inductor 
Spiral inductors are widely used in radio frequency circuits fabricated in CMOS 
monolithic microwave integrated circuit technologies. Most of the time, the spiral inductors 
are used in low noise circuits or circuit that requires narrowband characteristic. However, 
owing to the high resistive loss and large parasitic capacitance of the substrate, the spiral 
inductors perform poorly on semiconducting substrates used to manufacture silicon IC's. 
Usually, the spiral inductors are limited to approximately lOnH due to the restrictions 
imposed by the thin interconnect metallization and high parasitic capacitance of the 




Fig. 16 Layout of an on-chip spiral inductor 
Fig. 16 shows layout structure of an on-chip spiral inductor. The on chip spiral 
inductor can be realized by using transmission lines. The input impedance of a short 
section of the transmission line is equal to 
Z � „ = Z o . y . ! = (r + j.a)Ly (55) 
Zo is the characteristic impedance and / is the propagation constant for a 
transmission line of length /. By using a low resistance metal track, like on chip metal 
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layer, the real part in the equation (55) will be comparably small and the input impedance 
can be viewed as inductive in nature. Equation (55) is valid only under the condition that 
the physical length of the line is shorter than one-tenth of a wavelength at the desired 
frequency of operation. 
From equation (55)，it can be deduced that the Q factor of the spiral inductor is 
equal to the ratio of the inductive reactance to the total power dissipation, 
Q factor = ^ 例 r 
I t 
In the past, most researchers used three-dimensional electromagnetic modeling to 
R 
model and design spiral inductors. However, the three-dimensional electromagnetic 
modeling is very time consuming and makes the design very complicated for optimization. 
In this project, lumped element modeling is used to design the spiral inductors. With 
� 
carefully chosen model parameters, the lumped element modeling can be very accurate 
comparing with the three-dimensional electromagnetic modeling. 
3.1 Spiral inductor modeling 
The spiral inductor can be modeled [13] as the following equivalent circuit: 
Cl2 
R, ” L ~ ^ _ r r r r \ 
C/2 =}= 丰 C/2 
Fig. 17 Lumped circuit model of the spiral inductor 
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In Fig. 17, L is the equivalent inductance of the spiral inductor. Ri is the serial 
resistance of the spiral inductor. C is the total capacitance between the spiral inductor and 
the substrate, Rsub is the substrate resistance, And Cn is the coupling capacitance. 
The inductance L can be estimated by using the following formula, 
JL = 77(1.05+ 0.19AO (57) 
Tl = A N [ I + [N - y ^ p 
where Tl is the total length of the spiral inductor, 
P = track width + gap width “ 
I = inner dimension ‘ 
N = number of turns 
Ri represents the serial resistance of the spiral inductor and can be calculated by the 
following equation, � 
‘ �叫 
where W is the track width of the spiral inductor 
Rsq is the sheet resistance of the metal line 
C is the total capacitance between the spiral inductor and the substrate and can be 
found by, 
C = A C , • (59) 
where A is the total area covered by the spiral inductor 
CA is the parallel plate-capacitance per area between the inductor layer and the 
substrate. 
Ci2 is the coupling capacitance between two metal tracks and equal to, 
35 
_ C V 7 7 (60) 
N-l 
where Cnv is the inter-winding capacitance. 
Rsub is the substrate resistance and is derived by, 
n L . . .…J substratethickness ^ (61) = substrate resistivity 
� total area ) 
Besides using the empirical formulas described above, the spiral inductors can also 
be designed by using a user-friendly computer-aided-design tool called Analysis and 
I * Simulation of Inductors and Transformers for IC，s [14] (ASITIC). This design tool can 
r quickly search for the optimal parameters of a spiral inductor. 
3.2 Spiral Inductor model parameters 
� 
In the low noise amplifier, three spiral inductors are used with the values equal to 
InH，9nH and lOnH. Table 1 shows the spiral inductor model parameters. 
^ N P R l C 1 2 C "I Rsub Q ~ 
InH 90 2 115 ^ 0.065p ^ i 
9nH 168 5 115 26 U ^ 1418 2 ^ 
lOnH m 6 115 ^ 0.065p U ^ H 
Table 1. the model parameters of the spiral inductor 
3.3 Characteristic of spiral inductor 
Listed below are some general considerations for the design of spiral inductor [13] 
[15]. 
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• Optimization of the Q-factor in a planar structure requires closely spaced 
microstrip lines for tight coupling of the magnetic field and wide microstrip 
lines in order to reduce the ohmic losses in the microstrip. 
• Using thicker oxide layer will decrease the substrate capacitance, resulting in an 
improvement in the inductor Q-factor. 
• Using narrow line spacing will increase the magnetic coupling between 
windings, resulting in an increase in the inductance and the Q-factor for a given 
layout area. “ 
• As the number of turns increases, the spacing between opposite sides of the 
spiral shrinks, causing a drop in inductance because of the negative mutual 
coupling. Owing to the increase in distance between opposite sides at the center 
� 
of the spiral, the Q-factor of the spiral inductor will be decreased as the number 
of turns increases. 
• The quality factor of the spiral inductor is limited by the thin metallization in 
most VLSI processes. This is because energy is dissipated by the finite 
resistivity of the metallization as well as in the conductive substrate. 
3.4 Inductor Design and Optimization 
Inductor design and optimization is a very time consuming process. In order to 
simply the design process, some general rules are defined for most of the low frequency 
spiral inductor. 
• Maintain a space of at least five line widths between the outer turn of the spiral 
and any surrounding metal features. 
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• Using the closest spacing between lines that is allowed by the technology in 
order to maximize the magnetic coupling between adjacent metal lines. 
• A strip width of between 10-15um is closed to the optimum for most inductor 
designs. 
• The dimension of the inner coil should be greater than five line widths so that 
magnetic flux can be allowed to pass through the center of the spiral. This 
ensures that negative mutual coupling between opposite sides of the inductor 
does not significantly affect the inductance and the Q-factor. 
• The oxide layer between the metal conductors and the silicon substrate should 
be kept as thick as possible in order to minimize the capacitance between the 
spiral inductor and the substrate. In this project, metal three (the upper metal 
� layer) is used. 
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4. Low Noise Amplifier (LNA) 
4.1 Introduction 
General speaking, the first stage of a receiver is typically a low-noise amplifier 
(LNA), whose main function is to provide enough gain to overcome the noise of the 
subsequent stages such as a mixer. Aside from providing this gain while adding as little 
noise as possible, an LNA should accommodate large signals without distortion, and 
frequently must also present a specific impedance, such as 50 ohm, to the input source. 
In order to provide a 50 ohm termination at the input, four termination methods are 
commonly used in LNA designs, the resistive termination, 1/gm termination, shunt series 
termination and source degeneration termination [16]. 
% 
4.2 Common LNA Architectures 
4.2.1 Resistive Termination 
The basic principle of the resistive termination is that a resistor-is connected at the 
input port in order to provide a 50 ohm termination. 
z丨n I 
I 
I Rs I 
p H 
Fig. 18 LNA with Resistive termination 
Fig. 18 shows the schematic diagram of a low noise amplifier with resistive termination. 
The advantage of this architecture is that only a resistor is needed to achieve a 50 ohm 
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termination. However, by inserting a resistor at the input stage, the noise factor will be 
degraded. Let's consider two circuits, one with resistive termination and one without the 
resistive termination shown in Fig. 19a and Fig. 19b respectively. 
z I I 
in I 7 I 




Fig. 19 Schematic diagram of a LNA (a) with resistive termination (b) without resistive 
termination � 
From the definition shown in previous section, the noise factor of the LNA with 
resistive termination is equal to 
. „ Total output noise (62) Noise factor = Total output noise due to the source 
_KTBGa+KTBGa+P„。’i 
一 K T B G a 
一 KTBG^ 
一 2 K T B G o + 4 K T 馆 d o 
K T B G a 
where Pnaj is the available noise power at output due to internal noise source and is equal 
to ^KTyg,^ 
Ga is the available power gain of the LNA 
4 0 
On the other hand, for the LNA without resistive termination, the noise factor becomes 
Noise factor = Total output noise (63) 
Total output noise due to the source 
AKTBG^ +P„. 
一 a na^i 
— A K T B G a 
= 1 + 
AKTBGa 
= 1 + 4 灯 I 
AKTBGa 
Assuming that the noise factor of the LNA without resistive termination is 3dB, 
+ = 3 巡 （64) I 4KTBGa j 
K T B G a � 
By using the above ratio and substituting back to equal (62)， 
缺 ( 6 5 ) 
I, KTBGa ) 
=I.IMB 
By comparing the two equation (63) and (65), it can be realized that additional 
4.78dB noise factor will be added if resistive termination is inserted. The degradation of the 
noise factor is due to the additional noise from the terminated resistor and the attenuation 
of the input signal caused by the voltage division. 
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4.2.2 1/gm Termination 
The 1/gm termination is a common topology to provide a 50 ohm input impedance 
using a common-gate low noise amplifier. Fig. 20 shows the schematic of a common-gate 
amplifier. 
Zi,R，=i/gm z 丨,Rs-Zc 
R， L， [ ^ nrrr\ ^ I 
Fig. 20 Schematic diagram of the common-gate amplifier 
By substituting the noise model of the source resistor and assuming that matched 
condition is obtained. � 
5 I (66) 
— T - ^ ~ — — C r ^ -
-©-I 
The noise factor of the common-gate amplifier is 
Noise factor J 腿 八 (67) 
AKTBG„ a •‘ 
一 4灯 1 + 4灯; g办 
S m 
4 2 
where gm is the transconductance of the n-channel transistor 
4.2.3 Shunt-Series Feedback 
The shunt-series feedback amplifier makes use of the feedback resistor to obtain a 
50 ohm input impedance. Fig. 21 shows the schematic of the shunt-series feedback 
amplifier, 
z Rf “ r ^ A M — — 
IL i 
Fig. 21 Schematic diagram of a shunt-series feedback amplifier 
As the same as the previous architectures, the feedback resistor introduces extra 
noise to the input channel and thus degrades the noise factor. Moreover, the broadband 
nature of the shunt-series feedback amplifier will increase the power dissipation. In order to 
achieve a matched condition, a high quality on-chip resistor is necessary which is not 
available in CMOS technology. 
4.2.4 Inductive Source Degeneration 
The major disadvantage of the above architectures is that the input matched 
condition is achieved by generating a real resistive impedance which will introduce an 
extra noise source. In order to solve the problem, inductive source degeneration is used to 
generate a input 50 ohm impedance [17]. This architecture takes the advantage that the 50 
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ohm input termination is generated by inductors which, in an ideal case, introduces no 
thermal noise. Fig. 22 shows the configuration of a low noise amplifier using inductive 
source degeneration. 
Z 丨n I i Lg 
Lg I — 
^^rvW^ I V丨+ Cgs ( ) gmVgs . T 
(a) (b) 
Fig. 22 Low noise amplifier using inductive source degeneration, (a) schematic (b) small 
signal model 
The input impedance of the low noise amplifier is equal to 
, , f 1 1 / � (68) 
f . \ f . \ 
= 卞 + 屯 + 小 I 
i ^ ^ ' s C C ‘ 
From the equation (68)，it can be realized that by properly choosing value of Lg and 
Ls, the input impedance can be adjusted to match to the source impedance. The matching 
condition is equal to 
4 4 
L - � _ _ L L -Rs (69) 
Lg -，、2广 Ls ， - - — 
And under this matching condition, the input impedance is equal to, 
历 A ( 7 0 ) 
4.3 Full Schematic diagram of the Low Noise Amplifier 
Second gain stage Output stage 
: \ \ 
Biasing tree First input stage “ 
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Fig. 23 The full schematic diagram of a low noise amplifier 
Fig. 23 shows the full schematic diagram of a low noise amplifier. The biasing tree 
provides DC biasing to the transistor Mna. In this design, 3V DC bias is need. The first 
input stage consists of transistors Mna, Mnb，inductors Lg, Ls and U. The Mna, Lg and Ls 
generate the 50 ohm input impedance. The folded cascoded transistor Mnb is used to isolate 
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the input and output port. An extra voltage gain is provided by the second gain stage. The 
output buffer stage is used to generate the 50 ohm output impedance. 
4.4 Full noise analysis of the LNA using inductive source degeneration 
Neglecting the output stage, the full small-signal noise model of the LNA using 
inductive source degeneration [18] is shown in Fig. 24. 
^DD 
丄 丄 — ~ K 丄 丄— 
v i m ( $ ) € 。 冲 > 丨 m F 
Fig. 24 Full small-signal noise model of a LNA using inductive source degeneration 
From the definition of the noise factor, we can derive the total output noise and the 
total output noise due to the source. The output noise consists of two parts, the output noise 
due to the channel noise and the output noise due to the thermal noise of the lumped input 
impedance. 
4.4.1 Output noise due to channel noise 
The channel noise source consists of „，/�（and / j . Owing to the correlation 
nature of z � , a n d ，this two noise sources should be considered at the same time. 
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4.4.1.1 Output noise due to i] 
Fig 25 shows the noise model consisting i]， 
VDD 
丨广“ Lg T 4 ； 
r M A K ^ 丄 JL 
v i 办 m V g s j ) id 
l> 
r 
Fig. 25 The noise model consisting of only i\ 
Applying KCL, we get 
1 (71) 
i ^s + j�L廷 + + 风 + iout4风=0 
At resonance, " 
(72) 
Substituting (69) into (68)，we get 
(73) 
A, — 1 + 丛 2 .. 
4.4.1.2 Output noise due to / � “ 
Fig. 26 shows the noise model consists ， 
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V Vdd 
i Rs Lg - r -
‘Rs Lg ^ r ^ w — 、 ' 厂 
v i ( ^ ^ 2 , ， + > ， • j � 
Y ‘ — V , 、 
c 冲 7 (JK、， 
)� T 
Fig. 26 The noise model consisting of only / � “ 
wher 五 — , 2 ) 
A / 5g 如 
Applying KVL, � 
{^s + jcoL, + - + L’明 + iWs = 0 (74) 
V J^^gs 
At resonance, 
说,〜+ C，圳风= 0 (75) 
Substituting (75) in (74)，we get 
〔 = 4 K 7 y 铁 如 (76) 
I K J 
where 
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咱 + 朴 + &2) (77) 
Sdo 
C^- 1 
The full analytical derivation is shown in appendix A. 
4.4.1.3 Output noise due to z � � a n d /j • 
As the gate noise is partially correlated with the drain noise, / � � a n d i) should be 
considered at the same time. The overall noise output is equal to + hut d J 
V 
V DO 、 
DD . R, Lg — p -
R L T 厂 [ M A M ^ ^ ^ ^ / ^ 
‘ L � T lout,gc,d 一 ^ 
v i (k。。斗)�傘 T ~ 1 
Fig. 27 The noise model consisting of and / j 
«i 




1 ( 、 （78) 
i ^s + j � L g + - V + \huuc + = 0 
J ① Lgs 
At resonance, 
(79) 
Substituting (79) in (78)，we get 
“^ lAKTy/ r ^ (80) 
V ^ L I � T � 、 
L 及 J .. 
From section (4.4.1.1)，the output noise current due to 
� | = ^AKTyg,^ (81) 
( " 1 I ①tLs、 
I Rs J 
% 
By applying some analytical derivation shown in appendix B, we get, 
^ 二 4KTyzgdo (82) 
A/ " L ^ Y ‘ 
I Rs J 
r —"12 
where r = c a — + 1+ cQ, , 5 , L 1 5r 
Therefore, the total output noise due to channel current noise is equal to, 
？ ？ ~ ~ ？ ~ (83) 
“ ~ 7 T V 
II �tLs 
I K J 
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where = l + + 
4.4.2 Output noise due to R^, R" R^  




I K ) 
Therefore the output noise due to R^ is equal to 
G s � 2 = AKTR c^ol (85) 
A , 对 厂 外 丄 , 丫 、 
(OrR： 1 + I K ) 
The output noise due to R � i s equal to 
O m^ 
c � m 
Af ~ Af " " f ^ rV 
c o X 1 + 仏 
I Rs J 
Therefore the output noise due to R^  is equal to 
L,ri _ K = AKTR^col ( 8 7 ) 
A/ 1 c^lY 
I Rs ) 
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4.4.3 Noise factor calculation 
F — Total output noise (88) 
Total output noise due to the source 
_ Kut,Rs + Kut,Rl + Kut,Rg + Kut,gd 
一 ！7= '•out,Rs 
4.4.3.1 R, calculation •• 
D _ Totallength _ (89) 
Width 人 
4407 ，。〜 = • 70mQ / square 
= 25.7Q � 
For 9nH inductor, total length = 4407um, width = 12um, Rsq = 70mQ/square 
4.4.3.2 Rg calculation 
及 一 Rsquare. width (90) 
g 2>n�length 
= (forlOO fingers gate poly) 
= 5.56Q 
5 2 
4.4.3.3 Ql calculation 
( 9 1 ) 
_ 1 
-2;z:(900X10' )(50)(50 X 3.731X10''') 
=1.9 
where Cgs = 50x3.731 x 
4.4.3.4 tUT calculation •‘ 









where |c| = 0.395， 6 = 5, a = 0.2, y = 2.5 
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Therefore, the noise factor of the low noise amplifier is equal to 
F 一 Total output noise (94) 
Total output noise due to the source 
尺 s Rs 
1 25.7 5.56 2.5 1.263( 900x106 丫 
= 101og 1 + + + 
[ 5 0 50 0.2 1.9 1^1.52x101�J 
= 326dB 
It 
4.5 Simulation Result of the low noise amplifier (100 finger gate p o l y ) . 
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Fig. 31 Simulation Result of S22 = -14.2dB � 
From the simulation result, it can be realized that the SI 1 and the S22 are equal to 
-31.9dB and -14.2dB respectively. This means that the input impedance and the output 
impedance of the LNA are well matched with the 50 ohm source and load impedance and 
thus only a very small amount of energy is reflected back to the antenna and the load. The 
simulation result of the S21 is equal to 21dB, which means that the voltage gain of the 
LNA is about 100. Finally, the simulation result of the S12 is equal to -81.6dB, which 
means that nearly no energy is reflected back from the output port to the input port. 
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4.5 Experimental Result of the low noise amplifier (100 finger gate poly) 
+5dB 
-5dB ‘ 
-15 dB \ V 
-25 dB 
-35 dB 
lOOM 440M 780M 1120M 1460M 1800M 
Fig. 32 Experimental Result o f S l l =-17dB 
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-35 dB 
lOOM 440M 780M 1120M 1460M 1800M 
It 
Fig. 34 Experimental Result of S12 = -2QdB 
From the experimental result, it can be realized that the gain of the LNA is equal to 
lOdB at center frequency of lOOMHz. The Sl l is equal to -17dB at center frequency of � 
1.6GHz. The frequency shifted of the s-parameter may be due to the inconsistency of the 
model of the spiral inductor and the package. The performance of the LNA. will be better if 
a more accurate model of spiral inductor and package is provided. The LNA chip photo is 
shown in appendix C. 
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5. Down-conversion Mixer 
5.1 Introduction 
In an RF receiver, the signal coming from the antenna should be down-converted to 
lower frequency for de-modulation and further signal processing. The down-conversion 
process can be achieved by a down-conversion MOST mixer. General speaking, the down-
conversion MOST mixer can be classified into two main categories, active MOST mixer 
and passive MOST mixer. The main difference between active and passive MOST mixer is 
that active MOST mixer achieves conversion gain. The transistors used in passive MOST 
mixer are usually operated in linear region [19]. With sufficient large LO power, the 
passive FET mixer can provide excellent intermodulation performance. The major 
disadvantage of the passive FET mixer is that the overall noise performance will be 
degraded due to the mixer's conversion loss. � 
In this designs, we will use a doubly balanced mixer. This is because a large LO 
signal at the IF output port leads to poor mixer intermodulation performance and can also 
cause compression in the first IF amplifier. In order to solve this problem, a doubly 
balanced mixer structure will be used which will provide a virtual ground for the LO signal 
at the output IF port [20]. 
The noise figure of the active MOST mixer is not as important as that of the LNA. 
This is because the LNA provides sufficient power gain to mask the noise contribution of 
the subsequent stages. Thus the noise figure contributed by the mixer can be ignored if its 
value is lower than the total gain of the previous stages. 
The conversion gain of the active MOST mixer should be chosen carefully. This is 
because higher gain implies higher signal swing in the circuit, which could degrade the 
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linearity and the dynamic range. Nevertheless, a gain less than 1 is also unacceptable 
because the noise contributed by the stages after the mixer becomes higher. Thus, the 
mixers usually has a conversion gain around OdB. 
5.2 Gilbert Cell Mixer 
5.2.1 Circuit Description 
Output stage 
� VDD �----
！ M^ L! , LO switching J j m ! 
！ I ,,400"/ stage 400"/ [‘ H ' j 
i 1 i: — H-— .^-6/r i 广爪 i 
i I i ^ ^ L M, M j I——I——I T M ^ M , J \ \ ^^Oohm ： 
！ … … n P I n VmaA i i !_/0.6_//_…I \______/9\6ju 
I r 1 1 I I * 
i RF+ HLM, RF input stage 似2 口 h � | i 500/// I ZT： ‘ 500/// i 
/0 .6/} _ /0".6/i" 
！ I I 丨厂-HL ^ ^ 2 W -
CurrentSource\ \ /0.6" 
丨 Y ！ 
Fig. 35 Schematic of Gilbert Cell Mixer 
Fig. 35 shows the schematic diagram of a Gilbert cell mixer [21]. The Gilbert Cell 
Mixer consists of four stages, current source stage, RF input stage, LO switching stage and 
output stage. Transistor M9 at the lowest part of the circuit forms a current source that 
controls the current flowing through the circuit. We can control the transconductance and 
the gain of the Gilbert cell mixer by varying the DC bias voltage Vbias-
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Transistors Mi and M2 form the RF input stage of the Gilbert cell mixer. These two 
transistors operate in saturation region to maximize the conversion gain of the mixer. We 
use Ml and M2 to generate a pair of differential currents, which is proportional to the input 
RF signal. 
Transistors M3 - Me operate as ideal switches, if the LO signal is large enough. 
Transistors M3, and Me will be fully turned on and M4 and M5 will be fully turned off when 
the LO signal changes from negative to positive, and vice versa when the LO signal 
changes from positive to negative. The transistors M7, and Mg form a pair of output buffers. 
产 
5.2.2 Basic Operation 
Assuming that the four switching transistors act as a pair of ideal switches, the 
Gilbert Cell Mixer can be simplified as shown in Fig. 36a. � 
^ 
( 1 ) ^Jin g m O 





Fig. 36 (a) Simplified version of the Gilbert Cell Mixer, fb) square wave generated bv the 
ideal switches 
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For small signal analysis, as the transistors Mi, and M2 biased in saturation region, 
the two transistors can be modeled as two current sources with differential nature. When 
the LO signal changes from negative to positive, the output voltage is equal to 
K. = gmV^n^L (95) 
On the other hand, when the LO signal changes from positive to negative, the 
output voltage is equal to 
Vo 广 gj"丨A ( 9 6 ) 
When the switches (M3, - Me) are switching, the IF output current can be treated as 
ff 
an RF current source times the square wave generated by the ideal switches. The frequency 
response of the square wave is shown in Fig. 34. 
i \ 
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Fig. 37 The frequency response of the square wave 
Assuming that the input RF signal is equal to 
V,{t) = V,,{t)smo,,,t •• (97) 
The output IF current can be derived as follow: 
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I IF ~ SM^RF sin (0J,j.txsq{c0,OT) (98) 
f4Y 1 、 
2 
= -gm ^RF 一 COlo ) filtering n 
From the equation (98)，it can be realized that the conversion gain of the Gilbert cell 
mixer is equal to 
. 2 公 ( 9 9 ) 
n 
n 
5.2.3 Simulation Result of the Gilbert Cell Mixer 
General speaking, the performance of the active MOST down-conversion mixer can � 
be analyzed by finding out the conversion gain, the IdB compression point and the IIP3 of 
the mixer. Assuming that the input impedance and the output impedance of the active 
MOST mixer is matched to a 50 ohms and the input RF source is equal to sin (o^ pi，the 
input power expressed in dBm can be found by 
( V V (100) in 




With the same argument, assuming that the IF output signal is equal to v � � , sin cOj^ t 
the output power expressed in dBm can be found by 
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FY V (101) 
^OUT 




The conversion gain of the active MOST mixer is defined as the ratio of the desired 
IF output to the value of the RF input. Thus, the conversion gain is equal to output power 
(dBm) — input power (dBm). 
The 1-dB compression point can be found by sweeping the input RF signal and it is 
defined as the input level at which the small-signal gain is reduced by IdB. Fig. 38 shows 
the transient response and the frequency response of the output signal with a single pure 
sinusoid signal tone. 
The IIP3 of the mixer can be found by a two-tone test. In the two-tone test, two � 
pure sinusoid signals with a small difference in frequency will be injected into the mixer. 
With a non-linear property, a third order intermodulation product will be produced with the 
amplitude increasing with three times that of the fundamental components. Fig. 39 shows 
the transient response and the frequency response of the output signal with a two-tone input 
RF signals. 
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Fig. 39 (a) The transient response and (b) the frequency response of the output signal with 
a two-tone input RF signal 
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Besides numerical analysis, the mixer performance can also be analyzed 
graphically. Fig. 40 shows the simulation result of the three parameters. The graph shows 
the output powers versus the input powers. From the simulation result, it can be realized 
that the conversion gain is equal to 5dB. The IIP3 and the IdB compression point is equal 
to 6dBm and -8dBm respectively. 
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Fig. 40 Simulation results of IIP3. IdB compression point and conversion gain 
5.3 Single-ended to Differential-ended Converter 
I ' 
In usual case, in order to reduce the noise figure and power consumption, a single-
ended low noise amplifier would be used in the RF receiver. However, as mentioned 
before, in order to reduce the effect of the LO signal at the IF output, the mixer would be 
implemented in the doubly balanced structure. As a result, a single-ended to differential-
ended converter is necessary (Fig. 41). 
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converter phase shifted) 
Fig. 41 The use of single-ended to differential-ended converter 
Fig. 42 shows the single-ended to differential-ended converter used in this project. 
The single-ended to differential-ended converter consists of two components, the common 
source amplifier and the source follower. 
Common Source 
source follower 
a m p l i f i e r � ！ VDD \ • 
M i I � 
out' 丨 i out: 
- 2 =15%,丨 j [ 4 i U t 卜 
I ； m ! ！ 
！ ^ ； i ； 
Fig. 42 the schematic of the single-ended to differential-ended converter 
The basic principle of the single-ended to differential-ended converter is that 
for the common source amplifier, there is a 180 degree phase shift between the output 
signal and the input signal. For the source follower, the output signal is in phase with the 
input signal. As a result, the two overall output signals, outi and out2, are exactly out of 
phase. The transistors Mni and Miu act as active loads. The biasing voltage of Mn2 and 
Mn3 is at 3.6V. 
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5.3.1 Simulation Result of the Single-Ended to Differential-Ended Converter 
Fig. 43 shows the time domain simulation results of the two output signals of the 
single-ended to differential-ended converter. The two output signals have a peak-to-peak 
voltage of 1.1 V with a 180 degree phase difference. 
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Fig. 43 The time domain simulation results of the two output signals of the single-ended to 
differential-ended converter (a) ou^ (b) out? 
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In order to have a better understanding of the performance of the single-ended to 
differential-ended converter, the phase difference and the amplitude difference are plotted 
in Fig. 44 
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Fig. 44 (a) The phase difference and (b) the amplitude difference of the two outputs 
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From the simulation result, it can be realized that the phase difference between the 
two outputs is within 1 degree phase error between 850MHz and 950MHz and the 
amplitude difference between the two outputs is within 20mV between 8 5 0 M H z and 
950MHz. 
5.4 Experimental Result of The Gilbert Cell Mixer 
A test chip of a CMOS Gilbert cell mixer was fabricated in 0.6|i CMOS 
technology. The current consumption of the core cell of the CMOS Gilbert cell is equal 
24mA operating a DC supply voltage of 5V. 
5.4.1 1-dB compression point experimental setup and result 
Fig. 45 shows the experimental setup for measuring the 1-dB compression point of � 
the Gilbert cell mixer. 
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Generator A 什 om 
(900MHz) -40dBm to 
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Fig. 45 Experimental setup for measuring the 1-dB compression point of the Gilbert cell 
mixer 
70 
The DUT (device under test) in the Fig. 45 is replaced by a fabricated CMOS 
Gilbert cell mixer. The LO input port and the RF input port are matched by the off-chip 
input LC matching network. Two RF pure tone signals are injected into the LO input port 
and the RF input port by two signal generators. The center frequency of the RF signal is 
equal to 900MHz and that of the LO signal is equal to 920MHz. Owing to the output signal 
has been down-converted to a lower frequency, it is not necessary to include the output 
matching network. The output signal, with a center frequency equals to 20MHz, is fed into 
a spectrum analyzer. The 1-dB compression point of the Gilbert cell mixer is obtained by 
sweeping the input RF signal from -40dBm to 5dBm and plotting the IF output power verse 
RF input power. In the experiment, the LO power is fixed at 20dBm. 
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Fig. 46 Measurement result of the 1-dB compression point of the Gilbert cell mixer using 
spectrum analyzer 
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Fig. 46 shows the measurement result of the 1-dB compression point of the Gilbert 
cell mixer using spectrum analyzer. The center frequency is equal to 20MHz and the 
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Fig. 47 Experimental setup for measuring the IIP3 of the Gilbert cell mixer 
5.4.2 IIP3 experimental setup and result 
Fig. 47 shows the experimental setup for measuring the IIP3 of the Gilbert cell 
mixer. 
The experimental setup for measuring the IIP3 is very similar to the measuring of 
the 1-dB compression point except that the input RF signal is replaced by two RF sources 
with IMHz difference in frequency. The two input RF signals are first combined to a two-
tone signal by a power combiner before injecting into the RF port. As the same as the 
above experiment, the LO power is fixed at 20dBm. 
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Fig. 48 Measurement result of the IIP3 of the Gilbert cell mixer using spectrum analyzer 
Fig. 48 shows the measurement result of the third-order intermodulation product of 
the Gilbert cell mixer using a spectrum analyzer. The center frequencies of the two input 
signals are equal to 900MHz and 901 MHz respectively. After down-conversion process, 
two fundamental components are produced at the frequency of 20MHz and 21 MHz. At the 
same time, two third-order intermodulation products are produced at the frequency of 
19MHz and 22MHz. From Fig. 48，it can also be shown that the noise floor is equal to 
-70dBm. 
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5.4.3 Experimental result of 1-dB compression point, IIP3, conversion gain, SFDR 
and BDR 
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Pow«i m fdfim) Fig. 49 the experimental result of the CMOS Gilbert cell mixer 
Fig. 49 shows the experimental result of the CMOS Gilbert cell mixer. The 
conversion gain achieved is equal to IdB. The input power of the Gilbert cell mixer is 
plotted verse the output powers of the fundamental component and the third-order 
intermodulation product. From Fig. 49，the 1 dB compression point and the IIP3 are equal 
to -7dBm and 4.3dBm respectively. For the input source power swept from 
-40dBm to -7dBm, the slope of the curve of the fundamental component is nearly equal to 
1. This means that the output power of the fundamental component is increased linearly 
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with the input source power. However when the source power increased beyond -7dBm, 
the output power began to drop. 
The curve of the third-order intermodulation products are also plotted in the Fig. 49. 
The slope of the IIP3 curve is equal to 3 on a dB scale. This means that a IdB increase in 
the power of the fundamental component results in a 3dB increase in the power of the 
third-order intermodulation product. 
From section 2，it can be realized that the SFDR of the CMOS Gilbert cell mixer is 
equal to 
麵 =鲁他 _ "。 ,） _ 
= f ( 4 . 3 - ( - 7 0 ) ) 
=A9.5dB � 
In addition, the BDR of the CMOS Gilbert cell mixer is equal to 
BDR = P_\dB-P„f (103) 
= - 7 - ( - 7 0 ) •‘ 
= 63dB 
5.4.4 LO power verse conversion gain 
Unlike the bipolar Gilbert cell mixer, the basic operation of a CMOS Gilbert cell 
mixer is based on the switching property of the CMOS switching pairs. As a result, the LO 
power should be large enough to drive the CMOS transistors as an ideal switches. The 
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Fig. 50 Experimental setup for measuring the LO power verse conversion gain 
The experimental setup for measuring the effect of the LO power on conversion 
gain is the same as that for measuring 1-dB compression point except that instead of 
sweeping the RF input signal, we swept the LO input signal between -lOdBm to OdBm, � 
while keeping the RF input signal power constant at -20dBm throughout the experiment. 
Fig. 51 shows the experimental result of the effect of the LO power on conversion 
gain. 
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Fig. 51 The experimental result of the effect of the LO power on conversion gain. 
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From the Fig. 51, it can be realized that in order to achieve the maximum 
conversion gain, the optimum LO power should be equal to 20dBm. If the LO input 
impedance is equal to 50 ohm, the corresponding optimum LO source voltage is equal to 
2Vpk-pk. 
5.4.5 Intermediate frequency verse conversion gain 
Besides the change of the RF power and the LO power, the change of the 
intermediate frequency will also affect the conversion gain of the mixer. Fig. 52 shows the 
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Fig. 52 Experimental setup for measuring the intermediate frequency verse conversion gain 
I' 
In this experiment, the RF input signal is fixed at 900MHz with a power of 
-20dBm. The LO input signal strength is fixed at 20dBm and the frequency is swept from 
901 MHz to 939MHz. All biasing condition remains unchanged. 
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Fig. 53 Experimental result of intermediate frequency verse conversion gain 
Fig. 53 shows the experimental result of effect of the intermediate frequency on 
conversion gain. The conversion gain starts to increase from -16dB to IdB when the � 
intermediate frequency rises from IMHz to 8MHz. Afterwards, the conversion gain 
remains unchange with further increase in intermediate frequency. Finally, the conversion 
gain starts to drop when the intermediate frequency is beyond 30MHz. 
5.4.6 Experimental result of input matching and isolation 
In this experiment, the RF input port is matched to a 50 ohm using off-chip L-type 
matching network. This matching network consists of two inductors. Fig. 54 shows the SI 1 
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From the Fig. 54，it can be realized that Sl l is equal to -30dB at the frequency 
900MHz. This means that the RF input port is well matched to 50 ohm input impedance. In 
% 
the project, it is not necessary to include the matching network for the LO input port. This 
is because the voltage swing of the LO signal is to large that no suitable matching network 
can be found. 
In order to avoid generating self-mixing product, the RF input port and the LO 
input port should be well isolated. The degree of isolation can be measured by S12 and S21 
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Fig. 55a The experimental result of S12 tf 
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Fig. 55b The experimental result of S21 
The RF-LO has an isolation of-20dB as shown in Fig. 55. 
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6. Asymmetric Polyphase Network 
6.1 Introduction 
In the double-IF receiver (Chi.3)，the RF signals should be down-converted to a 
lower frequency by the multi-path topology in which a quadrature phases generator [22], 
which is shown in Fig. 56，is needed for image rejection. This generator can be realized by 
n poles asymmetric polyphase network shown in Fig. 56. Each output has a 90-degree 
phase shift with respect to each other's. 
>0。 •丨 
“ > 9(f 
I quadrature 
LO. 0 phases 
T generator 
> 180。 、 
> 270° 
Fig. 56 Quadrature phases generator — 
6.2 Performance of the Asymmetric Polyphase Network 
Fig. 57 shows the schematic diagram of the asymmetric polyphase network. 
I : - T ^ I I W I 丨 W I I L ： 
c ^ t A | c . t A k h I 
• c . i i ^ I 
c . t ^ l c T ！cT IcT '. 
Fig. 57 Schematic diagram of the asymmetric polyphase network 
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From Fig. 57, R^ = Rb = Rc = Rd = 80 ohm, Ca = Cb = Cc = Cd = 2.2pF, Ri = R2 = R3 
= R4 = 350 ohm, Q = C2 = C3 = C4 = 0.5pF. 
In order to analyze the performance of the asymmetric polyphase network, a single 
stage is isolated for analysis. Fig. 58 shows one-stage asymmetric polyphase network. 
First building block | 4 丄 ^ “ ^ o^ut \ 
丨…-干丄-•!- -」 
Second building block • 丄 R I _ 
：^：：5?2^；^：±：：：：：：：：：; � / - , K K f l — i J - ‘ 
Third building block - 丄 ^ ‘ �"‘ ！ 
I - T - J I 
— — — — 垂 — — — — • ~ —— — — — — —華—, 
「 - Q : - — I Forth building block j 十 R ^ | 
Fig. 58 Schematic diagram of one-stage asymmetric polyphase network 
� 
The one-stage asymmetric polyphase network has been split into four building 
blocks and each building block will be analyzed separately. 
6.2.1 First Building Block 
R� 
err TC4 丄 , , 丄 
a : ( . . � 
Qout Qin 
Applying superposition method, the output voltage I。： is equal to 
/ + 一 / + 1 丨 『 s R A ( 1 0 4 ) 
~ 1+碼 c / 么 
Assuming that I : = Q: = L0.„ and I ; = Q; = -L0.„，therefore, 
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/ +-L0 1 戏 (105) 
= L0. 1一私 
‘“l + sR,C, 
=270' 
6.2.2 Second Building Block 
QT T q R / a A , JL 
I � : � _ 
lout hn 
Applying superposition method, the output voltage Q。： is equal to � 
+ 1 I 广 (106) 
Assuming that I : = Q: = L0.„ and /,.„— = Q.„- = -L0.„，therefore, 
1 + sR^C^ 1 + sR^C� 
= L0. l + ^Ci 
Qout = tan-1 (1 + (OR^C,) - tan"' (1 + (oR^C,) 
= 0 0 
83 
6.2.3 Third Building Block 
R , 及3 
c,J J c, !=[> 丄 , , 丄 
Q�; Q: � + …2 
Qout Qin 
Applying superposition method, the output voltage I。： is equal to 
J - - r - 1 � + sRA (108) 
II 
Assuming that I : = Q: = L0,„ and /,," = Q; = -L0.„, therefore, 
/ -一LO 1 ,风 C 2 (109) ^out -LUin ~ ；TTT + ^ i ；TTT 
l + ^i^jCj l + sR^C^ 
= L0. -1 +恥 � 
I � : = tan"' ( -1 + coR,C^)-i2in' (l + coRfi^) 
=90° . 
6.2.4 Forth Building Block 
a . " K 
QT TC3 '=V 丄 , , 丄 
C V 《 ： . 《 
lout I in 
Applying superposition method, the output voltage Q。： is equal to 
O --0 - 1 丨 / - sRA ( 1 1 0 ) 
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Assuming that I丨:=Q: = L0.„ and = Qr = -L0.„，therefore, 
O --ro( 1 私 1 _ 
- '乂 l + sR,C, l + sR,Cj 
= z a 卜 - 叫 
1 1 + 邮 J 
Z Qo: = tan"' ( - l-0)R,C,)-tan"' (1 + coR,C,) 
= 1 8 0 ' 
6.3 Simulation result of the asymmetric polyphase network “ 
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Fig. 59 Simulation of the asymmetric polyphase network. Curve 1: resistance and 
capacitance with exact value. Curve 2: resistance and capacitance with 20% increase in 
value. Curve 3: resistance and capacitance with 20% decrease in value 
Fig. 59 shows the simulation result of the asymmetric polyphase network. Curve 
shows the resistance and the capacitance with exact value. Curve 2 shows the resistance 85 
and the capacitance with 20% increase in value. Curve 3 shows the resistance and the 
capacitance with 20% decrease in value. From the simulation result, it can be realized that 
the phase error between the frequency range from 800MHz to IGHz is within 1 degree 
with 20% tolerance induced by the on chip resistors and capacitors. 
6.4 Experimental result of the asymmetric polyphase network 
Fig. 60 shows the experimental result of the asymmetric polyphase network. 
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Fig. 60 Experimental result of the asymmetric polyphase network 
From the experimental result, it can be realized that the phase difference between 
the two outputs of the polyphase network is equal to 90±5 degree between 950MHz and 
IGHz. The difference between the simulation result and the experimental result may be due 
to the phase mismatch of the input single-to-differential converter and the parasitic of the 
package. Extra fine tuning is necessary for achieving a more accurate phase shift. 
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7. Conclusion 
We have developed a new double IF receiver architecture, this new architecture has 
corrected the problems associate with direct conversion and low IF architecture (a detail 
comparison of different architectures can be found in chapter 1). The new double IF 
conversion system is much easier to integrate on a single chip, which is the main advantage 
of this system. 
We also want to build a 900 MHz integrated receiver to demonstrate the operation 
of the double IF architecture. We have designed all the main building blocks of the system 
such as the LNA, mixer, and a single to differential converter. We have also reported the 
design and measurement results of an integrated poly phase filter (chapter 6). However, we 
want to point out that the poly phase filter is not required for the double IF conversion 
system. The designer can use either a simple RC filter, or a poly phase filter to generate a � 
90 degree out of phase signal for image rejection. We can easily integrate any one of the 
two designs on a single chip. Our results indicate that a simple RC filter is adequate for a 
narrow band system, and the poly-phase filter is more suitable for a wide band system. We 
also want to point out that the poly-phase filter presented in this work is much simpler than 
the poly-phase filter required for the low IF conversion, which requires an active poly-
phase filter. 
We have designed a 900 MHz RF mixer using Gilbert cell design (chapter 5). The 
RF mixer requires a differential input, thus, we have incorporated a single to differential 
converter with the mixer. The RF mixer has a conversion gain (including the single to 
differential converter) of 2dB, an IIP3 of 4.3 dBm, and the 1 dB compression point is -7 
dBm. The IdB compression point means that the gain drops IdB when the input signal 
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power is increased to -7dBm. The IIP3 indicates if we increase the input power to 4.3dBm 
than the third order inter-modulation product will be equal to the fundamental component. 
Both of these benchmarks indicate that the mixer is very linear. 
The main building block for an integrated receiver is the LNA. We have designed a 
900MHz source degeneration LNA (chapter 4). The simulation results (Fig. 28-31) have 
indicated a pass band gain of 21.2 dB at 900 MHz. However, the actual measured result 
(Fig. 32-34) has a gain of lOdB at 100 MHz. The pass band of the LNA is shifted by 800 
MHz. We are quite sure that this is caused by the inaccurate values of the inductors 
It 
(actually we mean inductor, resistor, and capacitor values, see inductor model of Fig. 17). 
The foundry, AMS has not provided any tools to design integrated inductor. Thus, we have 
to estimate the inductor value base on published data and third party software. We have 
fabricated individual spiral inductor and tried to extract the model parameters. H o w e v e r , � 
the experiment is fail because AMS 0.6 micron technology oxidized all the contacts. Thus, 
we cannot measure and extract model parameters for the spiral inductor. This is a major 
setback to our work, we are unable to connect all the blocks together to demonstrate the 
operation of a double IF integrated receiver. 
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10. Appendix B 
Output noise due to / � „ 
Fig. 61 shows the noise model consists „， 
V Vdd 
•dd R l ~ ~ 
Cas-ry � gmVgs ^ • T 
Fig. 61 the noise model consisting of “ 
^ ^ 4 應 ( i - H ” 
where — = ^ 
A/ I 
Applying KVL， -
( 1 ) / � (112) 
V 
At resonance, L^ = L^, therefore, 
^ Cgs 
说 八 ’ 卵 风 = 0 ‘ (113) 
Substituting (113) in (112), we get 
9 2 
K + � - � + iout,JcOoLs =0 (114) 
卯 … 一 
Lt,gu + gm�’" (l - J^oCgs^s) 
• 严 ， " 
^out,gu “ 
K 
— g ^ S 1 + 1 
^ � f colcix .‘ 
对 - 1 + 丛 2 
“ “ � 
I I ① 人 
乂 4 灯 4 - t f l f e + l ) 
2 -c 1 COtL, 
. COrL^ SySdo 
Rs 
_ Sail-\cf\Ql+\) 







‘ = f ( i + k r t i + e �） （115) 
Sdo 
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10. Appendix B 
Output noise due to and i] 
As the gate noise is partially correlated with the drain noise, z ' � � a n d i] should be 
considered at the same time. The overall noise output is equal to 卯,^  + /卯,^  J 
J ^ R，Lg 年 
r M A H ^ I _ ir ——n 一 
v i 。 冲 ) 、 • ‘ 丁 、 ~ 1 
I 
Fig. 62 the noise model consisting of : a n d i] 
^ 4KTSc' where = 
A / “ 
Applying KVL, 
1 ! 、 (116) 
J^gs 
At resonance, 
武-、c + C’杯 y•成=0 (117) 
Substituting (117) in (116)，we get 
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„ , l4KTr/ (118) 
wL^-Hy Agdo抵 
1 1 ① TLS 
Rs 
1 + 丛 
Rs 
From section (4.4.1.1), the output noise current due to ， 
(119) 
. L I cOtK、 
I K J 
The overall noise output, (/卯,杯 + /卯,# J，is equal to 
厂 d 1 V ( 1 2 0 ) 、 
^ 一 \''out,gc T '•oul,d ) 
f fY Y H — + 1 “ 
_ 、 V Sdo 
: / r y 
1 1 � A I J 
: I 5 , p y gdo j 
一 ？ r ^ 
份 A I Rs J 
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— [ ^r [ ^r V r )_ 
- — 
I Rs J 
4灯;^,�\cfa'^ + i l + \c\a l f Q ] 
[ V r j 
―^ L � 
— 广 r、2 
1 + 叫 
I Rs j 
_ 伙Tyrgdo ” 
1 ,历A I Rs J 
where r = 1+ c Q r } ^ ^ 5y \ 5厂 
I" 
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10. Appendix B 
i1 
Fig. 63 LNA chip photo 
#» 
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10. Appendix B 
BK IB 1  iiiiiiHtimK^M n i 
Fig. 64 Mixer chip photo mmmm 
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Fig. 65 Phase-shifter chip photo 
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